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Acomputer program product being embodied on a computer 
readable medium for using voice data traf?c to reproduce a 
user experience for facilitating troubleshooting at least one 
of a plurality of VoIP stations, the computer program product 
including computer-executable instructions for: retrieving 
packets of the voice data traf?c associated With the at least 
one of the VoIP stations; identifying time stamps associated 
With the retrieved packets; determining an amount of jitter 

FLOOR associated With each of the retrieved packets at least par 
tially dependently upon the identi?ed time stamps; deter 

_ mining Whether each of the retrieved packets Will ?t into a 
(21) Appl' NO" 10/814,543 jitter buffer at least partially dependently upon the deter 
(22) Filed: Man 31’ 2004 mined amounts of jitter; dropping select ones of the 

retrieved packets dependently upon the determining Whether 
Publication Classi?cation each of the retrieved packets Will ?t into the jitter buffer; 

and, ?lling a buffer With at least select ones of the retrieved 
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Figure 1 
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Figure 2 
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Figure 3 

305 

Software (PVD) 

85 

User Mode 

Sound Card 

Kernel Mode 
95 

Hardware 



Patent Application Publication Oct. 13, 2005 Sheet 4 of 6 US 2005/0226233 A1 

Figure 4A 
85 

405 

P0 Pl P2 Pi PN 

Chunk O Chunk 1 Chunk i Chunk N 

& 4/ 
Y 

Sound Buffer 

Figure 4B 
85 

405 

Pi-I Pi Pi+1 Pi+2 

i-] i i+1 i+2 

\ J 
Y 

Sound Buffer 



Patent Application Publication Oct. 13, 2005 Sheet 5 0f 6 US 2005/0226233 A1 

Figure 4C 
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METHOD AND SYSTEM FOR FACILITATING 
NETWORK TROUBLESHOOTING 

FIELD OF THE INVENTION 

[0001] The present invention relates to systems and meth 
ods for troubleshooting voice quality problems occurring in 
voice applications, such as Voice over IP (VOIP) systems, 
utilizing networks, such as Internet Protocol (IP) netWorks. 

BACKGROUND OF THE INVENTION 

[0002] As netWorks, and applications that utiliZe them, 
become more and more complex, so do potential problems 
associated With them. Analogously, as problems become 
potentially more and more complex, so do troubleshooting 
and remedying them. 

[0003] For purposes of completeness, “network” as used 
herein generally refers to any group of tWo or more netWork 
devices, such as VoIP stations and computers, linked 
together. Common examples of netWorks include Local Area 
NetWorks, Wide Area NetWorks, Campus Area NetWorks, 
Home Area NetWorks and the global interconnection of 
computers, and other computing devices, commonly 
referred to as the Internet. As used herein, “VoIP station” 
generally refers to an IP telephone or other netWork element 
involved in the transport, creation, or termination of VoIP 
packets, While “computer” generally means a programmable 
machine, like a commercially available Personal Computer 
(PC). Further, by Way of non-limiting example also, “appli 
cation” as used herein generally refers to any program or 
group of programs designed for end users or for another 
program. Common examples of applications include data 
base programs, Word processors, and spreadsheets. 

[0004] Internet Protocol (IP) netWorks use a particular 
format of packets, also called data grams, and addressing 
scheme. IP uses data grams that include headers that provide 
information related to the data being transmitted. A netWork 
that utiliZes IP is one example of a packet sWitched netWork. 
Each packet is transmitted individually and can even folloW 
a different route to its destination. Once all the packets 
forming a message arrive at the destination, they are recom 
piled into the original message. Packet headers typically 
specify type of service (TOSS), identi?cation values, the 
alloW ability of data gram fragmenting, time to live values, 
protocol identi?ers, source and destination addresses and 
padding, by Way of non-limiting example only. This infor 
mation may be used to route payload data across an IP 
netWork from a source IP address to a destination IP address. 

[0005] The present invention Will be described as it relates 
to VoIP systems and their underlying IP netWorks for pur 
poses of explanation and by Way of non-limiting example 
only. For purposes of completeness only, VoIP is a category 
of application that enables people to use packet sWitched 
netWorks as a transmission medium for telephone calls. Of 
course other applications, such as Fax over IP (FLIP) may be 
suitable for use With the present invention also. Further, 
other types of netWorks and protocols may be suitable for 
use With the present invention as Well. 

[0006] In order to send voice over a packet netWork, one 
?rst digitiZes the voice signal, using an Analog-to-Digital 
(A/D) converter and Pulse-Code Modulation (POM) for 
example. By Way of non-limiting example, commercially 
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available computer sound cards or VoIP phones may be used 
to accomplish this digitiZation. The digitally sampled and 
quantiZed voice signal may then be routed across the net 
Work using conventional packet sWitching methodologies, 
such as those associated With IP. The received signal may 
then be reconstructed into analog form for listening. This is, 
in essence, the reverse of digitiZation, and may also be 
accomplished using a commercially available computer 
sound card or VoIP phone, by Way of non-limiting example. 
For return voice communications, the same methodology 
may be used. 

[0007] When users of VoIP stations experience problems, 
such as by experiencing audio distortion, a need exists for a 
method and system for rapid troubleshooting. For example, 
VoIP users typically Want quality and reliability associated 
With Private Branch Exchange (PBX) systems. In other 
Words, users typically Want very feW noticeable errors and 
loW delays, such as With conventional telephone systems 
like PBX systems. With packetiZed voice hoWever, each 
packet Will typically arrive With a slightly different amount 
of delay, resulting in jitter. Jitter is a result of the different 
packet delays, or variations in packet inter-arrival time. In 
other Words, if tWo packets are sent and received across a 
netWork, the difference in delay betWeen the transmissions 
and receptions is jitter. 

[0008] RTP timestamps and jitter buffers may be used to 
counter the deleterious effects of jitter. For purposes of 
completeness, “RTP” stands for Real Time Protocol, Which 
is carried in a User Data gram Protocol (UDP). This protocol 
may be used to carry voice and video real-time media 
information in a VoIP system. A jitter buffer may be used to 
smooth out delay variability, in order to conceal jitter from 
end users. The timestamps may be used to determine What 
level of jitter exists, While the buffer serves to re-coordinate 
delivery of the packets and remove jitter. 

[0009] Also, due to the nature of packet netWorks in 
general, some packets Will inevitably include errors on 
arrival or not even arrive at all. While these circumstances 
are foreign to conventional PBX systems, packet loss is 
common in data netWorks, in general. This may also repre 
sent a signi?cant problem With VoIP applications, Where the 
occurrence of such losses of data may not be Well tolerated. 

[0010] It is believed that a technician attempting to dupli 
cate the problematic VoIP behavior using a simple voice-?le 
playback tool may fail to reliably reproduce the behavior or 
failure being complained of. In fact, it is believed that a 
technician attempting to remedy a problem reported With a 
VoIP system may Wholly misdiagnose or fail to appreciate 
the actual problem being complained of, instead Wasting 
valuable time performing otherWise unnecessary services. 

[0011] It is thus desirable to provide a system and method 
for more rapidly troubleshooting netWorks and applications 
that use them, such as IP netWorks and VoIP systems, by 
providing a reliable method for reproducing a customer’s 
experience, such as With a particular telephone call for 
example. 

SUMMARY OF THE INVENTION 

[0012] A computer program product being embodied on a 
computer readable medium for using voice data traffic to 
reproduce a user experience for facilitating troubleshooting 
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at least one of a plurality of VoIP stations, the computer 
program product including computer-executable instruc 
tions for: retrieving packets of the voice data traf?c associ 
ated With the at least one of the VoIP stations; identifying 
time stamps associated With the retrieved packets; determin 
ing an amount of jitter associated With each of the retrieved 
packets at least partially dependently upon the identi?ed 
time stamps; determining Whether each of the retrieved 
packets Will ?t into a jitter buffer at least partially depen 
dently upon the determined amounts of jitter; dropping 
select ones of the retrieved packets dependently upon the 
determining Whether each of the retrieved packets Will ?t 
into the jitter buffer; and, ?lling a buffer With at least select 
ones of the retrieved data packets not dropped. 

BRIEF DESCRIPTION OF THE FIGURES 

[0013] Understanding of the present invention Will be 
facilitated by consideration of the folloWing detailed 
description of the preferred embodiments of the present 
invention taken in conjunction With the accompanying draW 
ings, in Which like numerals refer to like parts and: 

[0014] FIG. 1 illustrates a block diagrammatic vieW of a 
system according to an aspect of the present invention; 

[0015] FIG. 2 illustrates a diagrammatic vieW of a buffer 
that may be used according to an aspect of the present 
invention; 
[0016] FIG. 3 illustrates the position of a sound buffer in 
a protected operating system according to an aspect of the 
present invention; 

[0017] FIGS. 4A-4C illustrate diagrammatic representa 
tions of usage of a sound buffer according to an aspect of the 
present invention; 

[0018] FIG. 5 Illustrates a synchroniZer input according to 
an aspect of the present invention; and, 

[0019] FIG. 6 illustrates a buffer cleaning logic that may 
be used according to an aspect of the present invention. 

DETAILED DESCRIPTION OF THE 
PREFERRED EMBODIMENTS 

[0020] It is to be understood that the ?gures and descrip 
tions of the present invention have been simpli?ed to 
illustrate elements that are relevant for a clear understanding 
of the present invention, While eliminating, for purposes of 
clarity, many other elements found in typical netWorks and 
testing systems. Those of ordinary skill in the art Will 
recogniZe that other elements may be desirable in imple 
menting the present invention. HoWever, because such ele 
ments are Well knoWn in the art, and because they do not 
facilitate a better understanding of the present invention, a 
discussion of such elements is not provided herein. The 
disclosure herein is directed to all such variations and 
modi?cations knoWn to those skilled in the art. 

[0021] According to an aspect of the present invention, a 
system and method for reliably reproducing a customer’s 
experience With a VoIP system may be provided. The system 
and method may serve to provide a visual representation of 
jitter and packet loss. According to an aspect of the present 
invention, the system and method may emulate an end-user 
VoIP station associated With a troublesome communication 
to more reliably recreate the user’s experience. The system 
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and method may serve to emulate the jitter buffer perfor 
mance of such a VoIP station. According to an aspect of the 
present invention, comfort noise, as is conventionally under 
stood by those possessing an ordinary skill in the pertinent 
arts, may be provided to more accurately recreate the user’s 
experience. Finally, according to an aspect of the present 
invention, playback of troublesome VoIP calls may be 
provided in stereo, such that one party may be heard from 
one audio channel, such as a left channel, While another 
party may be heard from another audio channel, such as a 
right channel. 

[0022] Referring noW to FIG. 1, there is shoWn a block 
diagrammatic representation of a system 10 according to an 
aspect of the present invention. System 10 generally reads 
source data associated With a customer complained about 
communication from a data source 15. The data may be 
accessed by a reader 25, in-turn feeding a decoder 35, jitter 
?lter 45, drop ?lter 55, codec 65, synchroniZer 75, sound 
buffer 85 and sound card 95. Resulting data may be stored 
in a WAV ?le using conventional methodologies, for 
example. Voice samples may be provided by buffer 85 to 
sound card 95. Sound card 95 may take the form of hardWare 
and/or softWare suitable for reading the samples from sound 
buffer 85 and converting them into analog signals sent to 
reproduction devices, such as one or more speakers. System 
10 may be provided using one or more computers and a 
combination of hardWare and/or softWare. 

[0023] Data associated With and indicative of a problem 
atic telephone call may be provided to source 15 in any 
suitable manner. One such manner is disclosed in commonly 
assigned and copending US. Patent Application Ser. No. 
NOT YET ASSIGNED, entitled SYSTEM AND METHOD 
FOR FACILITATING NETWORK TROUBLESHOOT 
ING, ?led Mar. 4, 2004, under Express Mail No. 
EV342399613US, the entire disclosure of Which is hereby 
incorporated by reference as if being set forth in its entirety 
herein. 

[0024] Referring again to FIG. 1, source 15 may take the 
form of any kind of media suitable for delivering netWork 
frames. Source 15 may be a disk ?le that contains netWork 
frames in the form of a capture ?le, or a netWork itself. 
Where source 15 is a disk ?le, it may be categoriZed as an 
“off-line play-back” source. Where source 15 takes the form 
of a netWork itself, it may be categoriZed as a “real-time 
play-out” source. 

[0025] Packet reader 25 may use an interface provided by 
packet source 15 to obtain the packets and forWard them to 
the rest of the system 10. Packet reader 15 may serve to 
isolate the rest of system 10 from differences in packet 
source 15 interfaces. Reader 25 may retrieve data associated 
With and indicative of a problematic call from source 15. 
Reader 25 may take the form of conventional systems and 
methods associated With operating systems for accessing 
data. While the present invention is discussed as it related to 
the Microsoft WindoWs operating system, generally any 
suitable operating system may be used, such as WindoWs 98, 
ME, 2000, XP Pro/Home. Other suitable operating systems 
may also be used, such as LINUX or Mac OS, all by Way of 
non-limiting example only. 

[0026] Reader 25 may provide data read to decoder 35. 
Decoder 35 may serve to decode packets provided by reader 
25. When decoder 35 detects a data protocol packet, such as 



US 2005/0226233 A1 

an RTP protocol packet, associated With a current call or 
other call being played or investigated, it may forward that 
packet to jitter ?lter 45 for further processing. OtherWise, the 
packet may be disregarded by decoder 35. The present 
invention Will be further discussed With nonlimiting speci?c 
reference to RTP packets for purposes of clarity only, it 
being understood the present invention is Well suited for use 
With other protocols as Well. 

[0027] Decoder 35 may take the form of code suitable for 
identifying RTP protocol packets, VoIP stations associated 
With such RTP packets, and executing logic for determining 
Whether the identi?ed packet should be further processed. 
Packets selected for further processing may be forWarded to 
jitter ?lter 45. 

[0028] Jitter ?lter 45 may serve to emulate jitter buffer 
logic associated With VoIP station hardWare and make deci 
sions Whether the packet should be dropped (because the 
packet does not ?t into the emulated jitter buffer, for 
example) or be processed. In the latter case, the packet may 
be forWarded to drop ?lter 55. According to an aspect of the 
present invention, a user can set the jitter buffer siZe to 0. 
This may serve to disable the jitter ?lter 45 such that each 
packet Will be forWarded to drop ?lter 55. This is graphically 
illustrated by the dotted line betWeen decoder 35 and drop 
?lter 55 in FIG. 1. In another Words, When the jitter buffer 
is set to 0, this essentially alloWs operation to bypass jitter 
?lter 45 testing. 

[0029] According to an aspect of the present invention, 
jitter ?lter 45 may take the form of a buffer module having 
a Well-de?ned polymorphic interface, such that the module 
may be customiZed to alloW third parties to develop their 
oWn jitter buffer module and test hoW the speci?c imple 
mentation of the jitter buffer affects or improves the voice 
quality. As Will be recogniZed by those possessing an 
ordinary skill in the pertinent arts, such an architectural 
solution makes a system according to an aspect of the 
present invention useful for hardWare/softWare engineers 
Who are responsible for designing and implementing the 
jitter buffer for VoIP stations in a broad sense, such as in 
connection With VoIP phones, VoIP gateWays and Call 
Managers by Way of non-limiting example only. 

[0030] The folloWing illustrates a non-limiting exemplary 
method for operating jitter buffer 45. In a one-directional 
RTP stream, each RTP packet may have three associated 
numbers. The ?rst, t, is the packet time-stamp or actual time 
When the packet is picked up from the Wire. This may be 
measured in milliseconds. The second is "c, the RTP time 
stamp stored in the RTP header. This de?nes the position of 
the voice in the sound buffer, and is typically measured in 
samples assuming a constant sampling rate (such as 8000 
samples per seconds). It may conventionally be assumed this 
is converted into milliseconds. The third is p, Which is the 
siZe of the RTP payload of the packet. This is usually 
constant for all streams and measured in bytes. 

[0031] One may enumerate all packets of a one-directional 
stream With index i=0, 1, 2 . . . So in general, We have three 

sequences: ti, "5i, oi=o; i=0, 1, 2, . . . 

[0032] Referring noW also to FIG. 2, there is shoWn a 
diagrammatic representation of a buffer 100 according to an 
aspect of the present invention. TWo additional parameters 
characteriZing the jitter buffer are S, or the total siZe of jitter 
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buffer in bytes, and L, the siZe of the portion of the jitter 
buffer for late packets in bytes. FIG. 2 illustrates a graphical 
representation of the jitter buffer in an initial state, such as 
just after buffer reset. The initial position of the Write pointer 
Where the ?rst packet is to be placed is designated 105. 

[0033] A playback rate r, Which is measured in bytes per 
millisecond, may be determined. If the voice sampling rate 
is 8000 samples per second and each sample is 16 bits long 
(2 bytes), then one may have 8 samples per millisecond and 
the r=8~2=16(bytes/ms). The playback rate r may be codec 
dependent. For instance, G.711 delivers one sample per byte. 
That means that for the G711 codec, the playback rate 
rG_711=8-1=8(bytes/ms). For G.729, 10 bytes deliver 80 
samples. So, We have an average of 8 samples per byte (or 
1/8 byte per sample), and rG_729=8/8=1(bytes/ms). 

[0034] A sample density d that de?nes the siZe of the 
sample in bytes in the RTP payload may be measured in 
bytes per sample. Further, a sampling rate R may de?ne the 
number of samples per millisecond. Accordingly, the rate 
may be Written as: r=R(samples/ms)~d(bytes/sample)= 
(R~d)bytes/ms 
[0035] It may be assumed that the jitter buffer stores RTP 
payloads only. To understand an algorithm that simulates the 
behavior of the jitter buffer in real-time, the values for S and 
L may be considered ?xed. 

[0036] Assuming the jitter buffer has been reset and a ?rst 
packet has been received, the jitter buffer may place the 
packet at the current Write position, pO=L, and start a voice 
generation module that reads data from the beginning of the 
jitter buffer. The state of the buffer at this time may be 
de?ned by the folloWing set of parameters. Times to, "no, and 
size (I may be remembered. The read (or playout) position 
is set to the beginning of the jitter buffer: gO=0. 

[0037] A next packet received may be characteriZed as 
having t1, '51 parameters and may be assumed to be of the 
same siZe p. At the moment of the packet arrival t1, the 
playback position in the jitter buffer is g1=r(t1—tO). The neW 
packet can be placed everyWhere from g1 to g1+S. The RTP 
time-stamp "c1 de?nes the position of the packet in the sound 
buffer. The difference "cl-o0 gives the number of samples 
betWeen the tWo packets. It means that the (relative) location 
of the voice packet (in bytes) is p1=(o1—oO)-d+L. The jitter 
buffer has to copy the frame into interval I1=[p1, p1+p). This 
is possible Where this interval is the subinterval of the free 
space of the jitter buffer. These areas are I=[g1, g1+S). This 
assumes that the jitter buffer is alloWed to reuse the space 
occupied by the data that Was already played out. So, if the 
folloWing relation is true, the packet is accepted by the jitter 
buffer (positive decision) (g1 §p1)?(p1+p<g1+S). OtherWise 
the decision is negative and the packet may be dropped. 

[0038] For each subsequent packet, the folloWing formula 
for making a decision for the ith packet may be utiliZed: 

P=(gi§Pi)n(Pi+P§gi+S) 

[0039] If P is true, the decision is positive. OtherWise it’s 
negative and the packet may be dropped. 

[0040] Referring again to FIG. 1, output from jitter ?lter 
45 or decoder 35 may be provided to drop ?lter 35. Accord 
ing to an aspect of the present invention, a user may 
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con?gure a percentage of packets subjected to an introduced 
packet drop. This allows users to emulate packet loss and 
check a corresponding impact on realiZed voice quality. User 
con?guration of the percentage of introduced packet drop 
may change the con?gured parameters of drop ?lter 55. 
Drop ?lter 55 may use a random number generator to decide 
Whether to drop or to pass any given packet received. The 
distribution of the random variable can be selected from a set 
of Well-knoWn distributions, such as a uniform distribution 
by nonlimiting example only. Where a uniform distribution 
is used all packets have an equal chance, de?ned by the 
percentage speci?ed by the user, to be dropped. Other 
algorithms to drop packets could be used, such as dropping 
several sequential packets (burst of packet loss). 
[0041] According to an aspect of the present invention, the 
jitter ?lter 45 and drop ?lter 55 may be realiZed as separate 
or common ?lters. Either, or both, of the ?lters may take the 
form of code suitable for executing logic for emulating the 
desired drop characteristics. Such as, in the case of drop 
?lter 55, to force emulated packet loss into the reproduction, 
such as 5% or 10%, by Way of non-limiting example only. 

[0042] The compressed voice packets that have not been 
?ltered out may be provided to CODEC 50 for de-compres 
sion. CODEC 65 may decode the RTP payload of received 
packets and generate POM packets. These packets may 
typically contains the 16-bit voice samples (in POM repre 
sentation), and the RTP timestamp in a conventional manner. 
The decompressed voice data and time stamps may be 
provided to synchroniZer 75. 

[0043] SynchroniZer 75 may take the form of code suitable 
for synchroniZing the speed of the incoming POM packets 
With the playing speed of the voice samples by the Sound 
Card’s 95 Digital Signal Processor (DSP). SynchroniZation 
may be needed Where these speeds can be different. For 
example, When off-line playback is effected, the speed of 
reading packets from source 15 may be greater than the 
playback speed. If the speeds are the same (as in the case of 
real-time play-out, for example) the synchroniZation may 
not be needed and can be bypassed as shoWn by a dotted line 
betWeen CODEC 65 and buffer 85 in FIG. 1. Output data is 
provided to sound buffer 85. 

[0044] In other Words, because SynchroniZer 75 is 
betWeen tWo streams With different speeds, Where the 
incoming stream may be faster than the outgoing one, this is 
an alternative to the Producer/Consumer design. For pur 
poses of completeness, the standard Producer/Consumer 
design assumes the producer is Waiting When the buffer is 
full and the consumer is Waiting When the buffer is empty. 
In the present scenario, the consumer may be thought of as 
sound card 95 that plays the voice out of sound buffer 85 
With a ?xed speed and does not Wait. If the voice Was not put 
into the sound buffer on time, sound card 95 may play out 
Whatever Was left in the sound buffer 85. 

[0045] Because a system according to the present inven 
tion may run on non-real time Operating Systems like 
WindoWs 2000, WindoWs XP, and WindoWs 98, synchro 
niZer 75 may not typically rely on timers provided by this 
kind of Operating System, due to their imprecise nature and 
heavy dependency on the system load at a given time, i.e., 
on the number and type of applications running in parallel. 

[0046] It may be possible to consume all CPU time 
available by implementing the synchroniZation through con 
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stantly checking of system time (like a multimedia timer or 
performance counter). Such synchroniZation may lead to a 
sluggish application that sloWs doWn the Whole computing 
platform, i.e., PC Without performing very much. 

[0047] According to an aspect of the present invention, 
such an undesirable result may be avoided as folloWs. FIG. 
3 illustrates a position of sound buffer 85 in a protected 
Operating system, like Solaris or WindoWs according to an 
aspect of the present invention. Sound buffer 85 may be 
thought of as a piece of memory that is located betWeen 
application softWare 305 that provides the sound samples for 
playout and hardWare (such as a DSP of sound card 95) that 
reads these samples and converts them into an analog 
representation. This illustrates a softWare producer and 
hardWare consumer. 

[0048] Sound buffer 85 is shoWn on the boundary betWeen 
User and Kernel modes, because sound buffer 85 can be 
allocated in User Mode memory or directly in memory that 
resides on the board of sound card 95 (Kernel mode), for 
example. The DSP of sound card 95 may Work like a 
classical consumer, i.e., When the DSP needs the next set of 
sampled sound, it generates a hardWare interrupt notifying 
the rest of the system. This interrupt can be delivered to the 
softWare using standard procedures speci?c to a given 
operating system. The operating system translates the inter 
rupt into some sort of noti?cation for the application running 
in User Mode. These noti?cations are called position noti 
?cations. According to an aspect of the present invention, 
position noti?cations may be used to control the speed sound 
or voice data is copied into sound buffer 85 to provide 
synchroniZation. 

[0049] SynchroniZer 75 may take the form of code suitable 
for implementing layer for ?lling buffer 85 in a manner that 
provides synchroniZation. Referring noW also to FIGS. 
4A-4C, sound buffer 85 may be logically divided into some 
number of chunks 405, each of a ?xed siZe. Each chunk has 
a number (counting from 0). 

[0050] For non-limiting purposes of completeness, a 
“buffer” is generally any temporary storage area. A buffer 
may virtually exist in memory, such as RAM. Sound buffer 
85 may take the form of a memory buffer Where voice 
samples are placed for play-out. Sound buffer 85 may take 
the form of a queue in a producer-consumer paradigm With 
a non-Waiting consumer. 

[0051] At the beginning of each chunk, a position noti? 
cation point may be set. This means that When the DSP asks 
for the portion of the sound that contains the point at the 
beginning of the chunk, the operating system Will generate 
an event (position noti?cation). So, the position noti?cation 
is generated at points P0, P1, . . . PN. 

[0052] For purposes of completeness, buffer 85 may be 
divided in this manner because although sound card 95 and 
its DSP use a precise hardWare clock, We may not knoW hoW 
many sound samples Will be asked for by the DSP in 
advance of the request. This means that the position noti? 
cation does not happen exactly at the time When the DSP 
crosses the beginning point of the chunk. The operating 
system has to catch this noti?cation and deliver it to the 
application running in the User Mode across the User/Kernel 
border. This delivery takes a short but unpredictable amount 
of time When dealing With non-real-time operating systems. 
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Effectively, position noti?cations are received by the appli 
cation at an approximate time. Utilization of memory 
chunks may serve to ameliorate this issue. 

[0053] Referring noW also to FIG. 4B, there is shoWn a 
diagrammatic representation of a piece of sound buffer 85 
someWhere in the middle. Each chunk can be in one of tWo 
states: “open” and “closed”. When a position noti?cation for 
point Pi is received, the DSP has crossed this point. The 
handler of this noti?cation may close chunks i-l, i, and i+1 
and open all others. The application may be alloWed to Write 
data into the chunk if the chunk is in the “open” state. If the 
application needs to Write data into a chunk that is closed it 
has to Wait until the chunk changes state from “closed” to 
“open”. The chunk is in the “closed” state if the DSP could 
use at least a small portion of the chunk for Digital-to 
Analog conversion. The siZe of the chunk may be selected 
to be large enough to protect from the imperfection of the 
position noti?cation. The state of the chunk may be imple 
mented as an event (for Microsoft WindoWs) or conditional 
variable (for POSIX compliant UNIX). If an event (condi 
tional) is in the signaling state, the chunk is in the “open” 
state. OtherWise it’s in the “closed” state. 

[0054] According to an aspect of the present invention, 
four chunks may be used. Each chunk may be one second 
long. This accommodate the situation Where the position 
noti?cation happens up to half a second later or sooner than 
eXpected. As Will be recogniZed by those possessing an 
ordinary skill in the pertinent arts, other chunk siZes and 
number may be used. For eXample, the siZe of the chunk can 
be much smaller, hoWever chunk siZe may be selected in 
relation to the estimated performance of the system. 

[0055] Referring noW also to FIG. 4C, an initial state (just 
at the beginning of the playout) of sound buffer 85 divided 
into 4 chunks looks is illustrated therein. 

[0056] Chunk 415 is open. All others are closed. p denotes 
the play position used by the DSP to generate the analog 
signal. W stands for Write position. The application Writes at 
this position. c is a clean pointer. Where the packet source 
is a disk ?le, the stream of samples into sound buffer 85 may 
be faster than the speed of consumption by the DSP of sound 
card 95. This results in the application to ?ll Chunk 415 very 
quickly. 

[0057] The input of synchroniZer 75 in this case is shoWn 
in FIG. 5. The synchroniZer calculates the chunk number 
Where the sound has to be placed by using i=4(t—tO)/s, Where 
i is the chunk index, "to is the RTP timestamp of the very ?rst 
piece of the sound, and s is the chunk siZe. If the chunk With 
the calculated indeX is closed, the synchroniZer Waits for the 
event that signals that the chunk is open. The event aWakes 
synchroniZer 75, Which then Writes the sound into the sound 
buffer 85. 

[0058] According to an aspect of the present invention, 
sound buffer 85 may take the form of a circular buffer. A 
clean-pointer functionality may be used to account for the 
circular nature of sound buffer 85. For non-limiting purposes 
of clarity, one may assume We have a continuous stream of 
sound for a time big enough to ?ll the Whole sound buffer. 
The DSP plays this sound and then Wraps around the end of 
the buffer and starts playing from the beginning. Because We 
are dealing With netWork packets (no matter Whether We 
read them from the netWork directly or from the disk ?le), 
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packet loss or jitter severe enough to cause a VoIP station 
jitter buffer to drop packets may eXist. In this case, a hole (or 
gap) in the stream of sound may eXist. The part of the sound 
buffer that Would contain this missing packet may not be 
updated and thus contain the sound that Was put in this 
location during a previous playout. When the play position 
reaches this location after play position Wrap, the previously 
stored sound Will be played again. Because this previous 
sound is not part of the current sound stream, it Will generate 
arti?cial sound distortion that may not otherWise be present 
in the recording. Using a clean pointer functionality ame 
liorates this risk. 

[0059] A clean pointer may stay at the beginning of a 
chunk (clean-chunk) preceding the chunk currently contain 
ing the DSP play position. When a noti?cation event hap 
pens, cleaning logic may be employed to replace the conteXt 
of the sound buffer in the clean-chunk With White noise, of 
a level selected by a user, for eXample. 

[0060] If the user generates a WAV ?le, the cleaning logic 
may additionally copy the content of buffer 85 into the ?le 
before ?lling the clean-chunk With White noise. FIG. 6 
illustrates a diagrammatic representation of cleaning logic 
600 suitable for use With a system according to an aspect of 
the present invention. Generally, logic 600 receives a posi 
tion noti?cation 610 as a triggering event. Whether or not a 
user is generating a WAV ?le is determined 620. If so, logic 
600 may save 630 a copy of the chunk to be cleaned to the 
target WAV ?le. The chunk may then be ?lled 640 With data 
indicative of White noise. If no WAV ?le is being generated, 
logic 600 may proceed from step 620 directly to step 640. 
Thereafter, the clean pointer may be moved 650 to the neXt 
chunk. 

[0061] According to an aspect of the present invention, a 
graphical display indicative of detected jitter and packets 
dropped by jitter ?lter 60 may be provided. 

[0062] According to an aspect of the present invention, 
decoder 35 may identify Which party is the source of 
particular portions of a call by comparing signaling data, 
such as SCCP data, associated With decoded voice commu 
nications. If this data is available it may be used to provide 
left and right channel separation dependently upon source IP 
address of voice packets, for eXample. This channel sepa 
ration may then be used during playback to provide one 
party on one channel and the other party on the other 
channel. This may serve to further facilitate troubleshooting 
by a technician. 

[0063] If signaling data are not available, channel separa 
tion may be provided based on source and destination IP 
addresses and ports. It Will be apparent to those skilled in the 
art that modi?cations and variations may be made in the 
apparatus and process of the present invention Without 
departing from the spirit or scope of the invention. Thus, it 
is intended that the present invention cover the modi?cation 
and variations of this invention provided they come Within 
the scope of the appended claims and their equivalents. 

What is claimed is: 

1. A computer program product being embodied on a 
computer readable medium for using voice data traffic to 
reproduce a user experience for facilitating troubleshooting 
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at least one of a plurality of VoIP stations, said computer 
program product comprising computer-executable instruc 
tions for: 

retrieving packets of said voice data traffic associated With 
the at least one of the VoIP stations; 

identifying time stamps associated With said retrieved 
packets; 

determining an amount of jitter associated With each of 
said retrieved packets at least partially dependently 
upon said identi?ed time stamps; 

determining Whether each of said retrieved packets Will ?t 
into a jitter buffer at least partially dependently upon 
said determined amounts of jitter; 

dropping select ones of said retrieved packets dependently 
upon said determining Whether each of said retrieved 
packets Will ?t into said jitter buffer; and, 

?lling a buffer With at least select ones of said retrieved 
data packets not dropped. 

2. The product of claim 1, further comprising computer 
eXecutable instructions for reading data from said buffer to 
play back audio in a manner representative of a VoIP 
conversation associated With the at least one of the VoIP 
stations. 

3. The product of claim 1, Wherein said identifying time 
stamps associated With said retrieved packets comprises 
decoding at least one time stamp indicative of an actual time 
a corresponding one of said packets Was received. 

4. The product of claim 3, Wherein said identifying time 
stamps associated With said retrieved packets comprises 
decoding at least one time stamp indicative of When a 
corresponding one of said packets Was coded. 

5. The product of claim 4, Wherein said determining an 
amount of jitter comprises comparing corresponding ones of 
said time stamps indicative of actual times corresponding to 
When ones of said packets Were received and time stamps 
indicative of When corresponding ones of said packets Were 
coded. 

6. The product of claim 1, Wherein said identifying time 
stamps associated With said retrieved data packets comprises 
decoding time stamps indicative of actual times each of said 
packets Was received. 

7. The product of claim 1, further comprising selectively 
?lling said buffer With data indicative of comfort noise. 

8. The product of claim 1, Wherein said jitter buffer is user 
con?gurable. 

9. The product of claim 8, Wherein said jitter buffer is 
associated With the at least one of a plurality of VoIP 
stations. 

10. The product of claim 1, further comprising computer 
eXecutable instructions for placing said select ones of said 
packets into a sound buffer to playback audio indicative of 
the communications problems. 

11. The product of claim 2, further comprising computer 
eXecutable instructions for identifying IP addresses associ 
ated With said retrieved packets. 

12. The product of claim 11, further comprising com 
puter-eXecutable instructions for playing said audio back 
using separate channels dependently upon said identi?ed IP 
addresses. 
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13. The product of claim 12, Wherein said each of said 
channels is associated With a conversation direction. 

14. The product of claim 1, Wherein said buffer is a 
circular buffer. 

15. The product of claim 1, further comprising computer 
eXecutable instructions for generating an audio ?le depen 
dently upon said buffer. 

16. The product of claim 16, Wherein said audio ?le is a 
WAV sound ?le. 

17. The product of claim 1, further comprising computer 
eXecutable instructions for pseudo-randomly selecting ones 
of said packets to drop. 

18. A method for using voice traf?c to reproduce a user 
eXperience for facilitating troubleshooting problems With at 
least one VoIP communication, said method comprising: 

identifying at least one jitter buffer characteristic associ 
ated With the at least one VoIP communication; 

accessing data packets of said VoIP traf?c associated With 
the at least one VoIP communication; 

identifying time stamps associated With said accessed data 
packets; and, 

dropping select ones of said accessed data packets depen 
dently upon said identi?ed at least one characteristic 
and identi?ed time stamps. 

19. The method of claim 18, further comprising playing 
back audio in a manner representative of the user eXperience 
using at least some of said accessed data packets not 
dropped. 

20. The method of claim 19, further comprising storing at 
least some of said accessed packets not dropped. 

21. The method of claim 19, Wherein said identifying time 
stamps associated With the received data packets comprises 
decoding at least one time stamp indicative of an actual time 
a corresponding one of said packets Was received. 

22. The method of claim 21, Wherein said identifying time 
stamps associated With the received data packets comprises 
decoding at least one time stamp indicative of When a 
corresponding one of said packets Was coded. 

23. The method of claim 22, Wherein said dropping select 
ones of said packets comprises comparing corresponding 
ones of said time stamps indicative of actual times of When 
ones of said packets Were received and time stamps indica 
tive of When said packets Were coded. 

24. The method of claim 19, further comprising storing at 
least some of said accessed packets not dropped in a buffer 
and selectively ?lling said buffer With data indicative of 
comfort noise. 

25. The method of claim 18, Wherein said at least one 
characteristic is associated With a jitter buffer siZe. 

26. The method of claim 18, Wherein said jitter buffer siZe 
is user con?gurable. 

27. The method of claim 18, Wherein said characteristic is 
user con?gurable. 


